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DECLARATION OF MARK A. YODER UNDER 37 C.F.R. 5 132 


I. MARK A. YODER. the below named Declarant, do hereby declare and state as 


follows: 




1 . My name is Mark A. Yoder, and I am 


Professor of Electrical and Computer Engineering 


at Rose-Hulman Institate of Technology in Tene Haute, Indiana. 


2. I was a Research Scientist from 1984 to 1988 and a Research Assistant from 1980 to 



1984 at Purdue University in West Lafayette, Indiana in the area of speech processing 
algorithms for parallel processors. 

3. I spent three summers (1981, 1982 and 1983) at Bell Telephone Laboratories in 
Indianapolis, Indiana and Naperville, Illinois developing and enhancing spoken digit 
recognition software. 

4. I spent a sabbatical as a Visiting Scientist at TradeHarbor from June 2001 until June 2002 
developing the first VoiceXML application to use the Voice Signatiu-e Service (VSS). 

5. I have practical experience unplementing and using the VSS to solve an important 
business requirement, namely, acquiring and authenticating remote legally-binding 
signatures for Mortgage Origination documents. 

6. I am a co-author of four books, including DSP First: A Multimedia Approach (w/ 
McClellan and Schafer), Signal Processing First (w/ McClellan and Schafer), and 
Engineering Our Digital Future (with Orsak et al). 

7. When DSP First was published in 1998, it introduced several new approaches to teaching 
discrete-time signal processing. DSP First is also used at more than 160 other schools in 
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the United States and in 60 different countries. Any class using DSP First relies on a 
computer technology with either MATLAB® or Lab VIEW®; however, the text presents 
the theory of DSP without emphasis on the computing platform. As is common in DSP, 
the computing platform is understood to be present, without explicitly specifying it. 

8. I am two-time winner of the Helen Plants Award for best non-traditional workshop at 
Frontiers in Education Conference. 

9. Digital signal processing ("DSP") is the representation of the signals by a sequence of 
numbers or symbols and the processing of these signals. DSP is a subfield of signal 
processing, and includes . subfields like: audio and speech signal processing, sonar and 
radar signal processing, sensor array processing, spectral estimation, statistical signal 
processing, digital image processing, signal processing for communications, biomedical 
signal processing, seismic data processing, etc. 

10. Digital signal processing requires a computing platform, which can include a personal 
computer, a networked server, or even a cloud-computing platform. The issue of 
specifying processors, memory, and machine-readable media to support 
implementation of such a system or how to make or use such a system is well 
understood by an individual of ordinary skill in the art and is absolutely and 
completely not necessary. 

11. I have read the U.S. Patent Application No. 09/886,824 for Normalized Detector Scaling 
(NDS) and the claims in question: 23, 25-31, 35, 37-39, 41-44 and 52-59. I conclude 
that anyone skilled in the art of deploying speech application technologies 
implementing an "adaptive speaker identity verification system" would clearly 
understand this standard industry terminology and would not have to have any 
additional details regarding the computing platform such as the processors, 
memory, and machine-readable media. The Invention disclosed in U.S. Patent 
Application No. 09/886,824 could be easily made by anyone with a commercially- 
available speaker identity verification system and is a relatively simple and 
straightforward process that would not require any undue experimentation. 

12. I believe that my undergraduate students would understand the Invention disclosed in 
U.S. Patent Application No. 09/886,824, that a "machine" is required, and could easily 
implement the invention using a commonly available adaptive speaker identity 
verification system to provide the resultant NDS score in order to make practical use of 
the system. 
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13. The term "adaptive speaker identity verification system" would be well understood 
and the specification of a particular hardware configuration is not necessary, and 
the invention is not dependent upon a particular hardware or operating system 
configuration as it can be implemented on the "machine" (computing 
platform/operating system configuration) required by the adaptive speaker identity 
verification system. 

1 4. There are abundant commercially-available "adaptive speaker identity verification 
systems". This includes an adaptive speaker identity verification system that is available 
from Zehu Technologies (see Exhibit A). Another adaptive speaker identity verification 
system is available from IBM® (See Exhibit B). Yet another adaptive speaker identity 
verification system is available from Nuance Communications, Inc. (See Exhibit C). Still 
another adaptive speaker identity verification system is available from Agnito S.L. (See 
Exhibit D). Still yet another adaptive speaker identity verification system is available 
from Loquendo - Vocal Technology and Services (See Exhibit E). Also, another 
adaptive speaker identity verification system is available from PerSay Ltd (See Exhibit 
F). Finally, another adaptive speaker identity verification system is available from 
Speech Works International, Inc. (See Exhibit G). It is believed that all of these 
adaptive speaker identity verification systems and the associated computing 
platform/operating system could be utilized to implement the Applicant's Invention 
by an individual of ordinary skill in speech application technologies. 

15. I further declare that all statements made herein by my own knowledge are true and all 
statements made on information and belief are believed to be true; and further that these 
statements were made with the knowledge that willful false statements and the like so 
made are punishable by fine or imprisonment, or both, under Section 1001 of Title 18 of 
the United States Code and that such willful false statements may jeopardize the validity 
of the above-identified application. 

Further Declarant Sayeth NoQru A n r\ 

Date Mark A. Yoder 
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Exhibit B 



Speaker Identity Verification Extensions 
for WebSphere Voice Server 

Enhancing Security for Telephone based InteracUons 




Using voiceprints to verify a user with speaker verification! 

When it comes to providing secure access for self-service, telephone-based applications, most solutions 
are prone to fraud, as the authentication mechanism is based on information that is easily 
compromised. 

What is Speaker Identity Veriflcatior) Tethnologvr 

"Speaker Identity Verification technology enables a non-intrusive and highly accurate mechanism for 
authenticating users based on the analysis of their voice. Speaker Identity Verification technology 
provides much more accurate and secure speech applications. Speaker verification is the ability to 
authenticate someone's identity based on their voice. It significantly reduces the risks of unauthorized 
access, since the authentication mechanism uses the unique features of someone's voiceprint." 



A New Way to Authenticate in a VoiceXrtL 
Application 

Ttie cddition of ssieaker identity verification 
provides a VoiceXML application with a new 
means for authentication - usins voice. 

IBM's speaker identity verification is an 
optional component of the V/ebSphere Voice 
Server. Speaker identity verification enables a 
telephone-based self-service application 
(running on any Web application server) to 
accept speech and match it against an enrolled 
voiceprint for caller authentication. 

WebSphere Voice Ser.'er speaker identity 
verification is completely developed in Java, 
and leverages the highly scalable and robust 
WebSphere Application Server's Java 2 
Enterprise Edition (J2EE) sen/ices. It brings all 
tfMf Web^here Application Server benefits to 
speaker venfication, including: 

♦ reduced deployment costs with integration 
into the rr infrastructure; 

♦ central and common management; 

♦ advanced system monitoring; 

♦ increased reliability; 

♦ simplified problem determination. 

Identity theft is the number one crime in 
America today. Speaker identity verification 
instills confidence in customers in regards to 
the security of their data, The ability to use 
one's voice for authentication adds an extra 
layer of protection to sensitive information. 



For example, if a user's account ID and 
password are stolen, the imposter will be 
detected by the system when he tries to access 
account specific information while pretending 
to be someone else. The use of voiceprints 
increases the reliability of identity verification 
and makes it much more difficult for someone 
to break into a user's accotjnt. 

IBM's Speaker Verification Technology 
The technology behind the spealier identity 
verification feature of WebSphere Voice Server 
provides customers with a competitive edse. 

IBM's Speaker Identity Verification technology 
provides a grammar, language, and text 
independent authentication mechanism. Yoti 
can enroll saying anything, in any language, 
and have it verify you, saying anything, in any 
language! Some of the benefits of the speaker 
identity verification feature of WebSphere 
Voice Server include: 

♦ Lan^age Independence 

o One speaker verification engine can 

handle all languages; 
o Speaker can enroll in one language and 

be v©rifie<l in another. 

♦ Text Independence 

o User can say anything, not bound by a 
grammar or a pre-defined pass phrase. 

♦ Speaker Tradcing 
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onitor entire calls for 
the verffied speaker 
answered a(l prompts. 

♦ Speaker Change Detection 
o Can alert when a different spealter is 
detected in call (For example, a person 
calls in but then a friend takes over the 
conversation). 
Your telephone self-service application can 
take advantage of this flexibility and provide a 
truly integrated and non-intrusive verification 
process. Since anything you say as part of a 
transaction dialt^ can be used to verify your 
identity, there is no need to remember pass- 
phrases or go through a separate verification 
process. For instance, you can prompt for an 
account number, have it recognized and the 
caller verified through the same dialog. 

IBM lias over 60 patents and 30 papers 
associated to its Speaker Venfication 
technology, including a patent selected as one 
of Fi<;e Killer Patents by the MIT Technology 
Review Magazine (May/2004 issue). 

IBM, via a services offering, provides a policy 
manager which complements the speaker 
identity venfication feature of the WebSphere 
Voice Server. The policy manager adds a 
dynamic question and answer dialog to the 
caller interaction, further increasing security 
by validating customer specific information in 
combination with a voiceprint. 



Use of Standards 

ISM continues its ammitment to stamiards 
with J2EE, MRCP, and the World Wide Web 
Consortium (WK) Speech Interface Framework. 
The use of open standards has proven to be a 
driving force towards towering solutions costs. 
This is particularly true in the speech, where 
applications are more and more based on a vast 
collection of industry standards. 



IBM WebSphere Voice Server confirms IBM's 
commitment to support, adopt, and drive open 
standards. It ties together more than 35 years 
of worldwide speech research and technology 
expertise wiWi the infrastructure provided by 
the IBM WebSphere pUtform. 

Along with MRCP, WebSphere Voice Senrer 
supports the W3C Speech Interface Framework 
of standards, including voice grammars (SRGS), 
and speech markup (SSML). 

Speaker \dentity Verification for WebSphere 
Voice Server 

WebSphere Voice Server builds on the base of 
ttie WebSphere Application Server to provide 
scaling, load balancing, failover, recoveris 
systems management, logging, traang, and 
problem determination. 
WebSphere Voice Server plays a major role as 
the foundation for IBM speech solutions. It 
provides a robust and scalable platform for 
speech functions like automated speech 
rec<^rition and text to speech in addition to 
speaker identity verification. 



For more information 



To learn more, contact your IBM representative 
or IBM Business Partner, or visit: 
ibm.com/speech 



« Cc^pyn^ IBU CorporalKm 2C 



Soc3 Raton. Flooda 33487 O.SA 
Produced n the Unaed Ssales of Amel 
04-07 

m RigMs Resented 
IBM. the IBM L090. WebSphere Voice 
and WebSphere AfHJlication Serrer an 
tademarlis of Wenjaiureil Business 



olhef oamtnes or both. 

lotmplylhatBMinl 



All stitments regaitftQ IW tnire direct 
Of inien! 3i« subject to change or witMar 
wAwut notice and represent go^ and 
eijedrees on/y. 
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Exhibit C 



NuancG Verifier™ 4.0 :; Voice Authentication Software for Secure Access 
over the Telqc^one 



Nuance teifiaf 4.0. Nuifioes 

were, snabta; iwsrossffi to provide 
wears access to sensitiw iftairBSioR 
am the tetephone. Ute a Sngarprm, 
NItancB Vwifief vaoe Buttenficatkm 
software cuaatw ndnflduBi voicepnnis 



meeting the securit)' chaMenge: voice authenSication 

OmpniK tDttiy haw a wite rar^ (Vte 

idajiSkatoquKlions p.q..'m& are lie fast four dgjb of joir social S90urityrui*ar), pre-cfKKsn 
passwords arKi now. VMS aMimllcatior. Of tiDse opS(^ 

blnste {|{ acctf acy, coiwniQncs, and cos^-9ik;thffiiKss. This bnmErtiic tBdnalogf^ captures spsdk 
ptvsicat cttarac^tstks of the hufEBn VWC8. using 1^ 
thsrt of^ asart mesajFBS just i^niit <k). lliis ^gM^ 

rrajRi-fectDi autharticAn approa*. From sacuing financial transacticns to a!lai»rig aasss to prisalB 
hsaMi r9(X}nls. wic8 aulh»iisitlcn tates sect^ 



aocess to key automited speedh 
siMutigns^ indudir^ Franciat & Retail 
traraackra ind acsowit maw^ 
merit, p«rs(xiEtf iifonndicn «x»ss, 
time maiagamnt, PEN reset, and 

c^tkn to fwE8 applicstiaiE. tas/ mBxk 
in 'nctBBSsd useof oitomaSeci 
terrs and siaduced Saud. savrig Cafl 
Cerrter co^ Wien depks^ \«t» 
Ntanc© spsedi nsoognJior. and ttw- 
to-speecti, txETOssas aosmd the 
world can build a raigs of secwe, 
cost effeclivB ^icatisns Ifiat can 
inczaase automsion and rr^smK ois- 



reduce the costs ol customer service by incfeasing automation 
Tfljicaiy, 3«si% meaairw arh s tDU[^^lofB HI* and 
thsm. tan t» togolki. so 3 cuslixiier senffi» ^ 
PHi IhB reprasailabva nie^ mt be able to send tt» 
tern b assisli l» caier wKh a taiFsacfiHi lliai a more ctxt 

compHa. ki ^ion, agent jderMbaStxi que^nningcan tate up toa mlnutetn KHrpMs, jncraosng 
ths cwcral langlh c4 an Asady long and«q»nsiifi c^l. 

(*Bnce VWw 40 can reduce (he cosfe assDCBtod ^ 
no lonQBr need tD rememlBr long canpl^ 

In addticn. m kxigar nosing to rssgl Ffte caiid alow caters to remain ni the autwiatad sysm ut 

connplete tef tiarisa*ra. IJsiig Nuance ^terfe 

an agart can T9duce Ihg iwgth of a C3l ty rennvrng naed t> ^ idenli^ 

apnte ais freed up to hartcie mors canpbt la^ laite iPian sperding fima identiiying fee c^. 

consumers find voic« autlierrtjcatiao conventerrt and secure 

A study by TbuchpaiK ConsJIinQ dfisriniisd liaJ ca^^ 

36 a means of cmvffliait and secije accsss. in tact 88% parlidpanis 

be rrore or gqwl^ coraenianft than touch-iaw PWs. SeMenty-fou percsnS ol partcipante ateo felt that 

wk» M^^icaim im tnora or squaly ssciia Hon 



3357987 



using Nuance VerMier 4.0 
Using ^ta^x%^^^)B^ 4.0 is^ls. Gate parikspate h a 
bfigf.ongi-tinH amiftnent pracsss during whdi tfay ansuw 
9av9ial quB^jons, altowng HuamV&ifsi to caj^ and 
stere their racafr ht Tlte wicapf int e not a rBoording, but 
an ena>(M si^ to tiat fond in ingEtprin^ 
n(*gy. When a caltef acoBsses ttia appScation at a latsr point, 
Msixe ^^Tifer coniparB& 11« cager's vo(C9 b fl» VHi^^ 
on to If Muarra tfsriiiH- finds a matdi ttie cate gaH^ 
to Itie s^'sfeHn. 

state o{ the ait technology 

Nuaxe V^tfo 4.0 bdk^ upiDO ysais Of Hjai^ 

anj depbpoi aqxrtiss to doilvGr hll^ lai^ erf ac^^ 

aiij sacurity to afi^^iicaionEL It aliavis fix a ^iglo inice^ 

snrcinient lix ongongi UEg Iram arq^ {tote M arv 

prwidss 3cctjr»:y for use in noi^, wiiGiess ^ 

fTM orworHfioniis, and has ItH atfflty to IB changas in a 

cailEif's voice to 9risi«e tiae appi^tions usirig 

wi be ^ Itr cafefs to IBS cMsr and <Nsr agart. VtMe 

rasutts. vary by applicatioa toice VerlH' 4.0 has adtrntsi 

fiilse aco^ rates lawar tan one pensnL 

maKimum flexibilAy 

Nuancs ^Mter 4.0 apptcafois can be d8VGi]fied to rna^ 
mto r^igecl custXTtor neaiiSt ApjftatiGrs can te 
Witts V9fY high security fa %msto highly sensrthie inicimta- 
lion suchasfhandai fir h^ cars inisriTOdm Nuanca 
Veriiw 4.Q can iIbo suppcvt ^icsitkns wiii carw»M)OB ii 
nvtl szii as rB!T»lB ta managsirmt rs|xri^ 
have the IteKliiity to d^aniiina Bie b^t iTiit security 
conMSvena to meet Ihw appftcafti) nesds. h xldii^ 
Skm» Vato 4.0 piwiifes opfions for ai^^ 
cation ttat aliw groups to share ItB sarna toto. enrol and 
VBE% iiaig rotating questos, a flMffli iwrify caltes In tie 
tedtgrouHj wtie ie caters are comiMg oihgr (a^. 



Nuance Verifier depk^ments madte easier 

ffearts aiBi3teB partes ml cuBioiners to roi^ 
authgnfcaiii a^icatlxi de|ik^nanit tiriH by up to 
ttmigh tuning <;apabiitie3 arxi rnerAoring servicss. Nuan^ 
Wfiar 4.0 inciJKfe appBradcn loBP iiM t^ 
ance data, allowing for mors snecireappiiGatiaii tuning and 
ana^ Nuarics aisD ofleirs ^iar Mentcffig Services that 
pravkig partnffls and ctEton^ with {nai%)ong fx^ 
aulharifcata an^ication desMp. testing meBndo^^ 
tuing analysts. Thegs sBFvicss levers Nusica's expertise in 
Nim» Verier dbplcpients and Bitaiile 
tcmara to tte|*v 8ff«*i®^KatMts to ttsir 
itn»tol^, d^rar saisfisd caHers. 

s^jporttng muW-factor authentication 
M-laiDr autenicalion b \mmhg inoeasinglir impoflanl 
as a dstonsa to gmimg thread seourilv atlai^lfs. espec^^ 
sBoxi^ aiadks based on obt^nhgan indrnduai's psssword 
VB 'social eng^neaing' ^tkay). The 2005 FREC gadancs, 
'Autierication in an MrTHt Barfklrn Envtcmerr , and fl^ 
totow-^fl FAQ in 2006 toojs on fijrttisr incfB3*g tto 
of aieledroiw banjgrig darinels. iridic 
FFCC racBmnMncte fiat IwichI insSLtoB employ twa of ttie 
fcAoMng three telors to maxiinEffl secuii^; 

• SoneMng tha us^- posses - (e.g.. a tokm, ATM card, 

• Someitiiig Itig user kncws - (S-g.. a stoedsBast, 
passvwf rl s account runtBi^ 

• SonKifiiigi)«useris-^g..aings]xinLnss{^or 
weeprir^ 

Speato raiiitatiofi sol*iis s^]pcrt a ligH^ 

effediwB apprcach to csBtnmar muffi-factar authanticaion wer 

thewindEHiBl 
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NuanDe Vsriier 4J) offering 

or hanc^trae pdoTBS 

• Ijfqua^nd^jsm^ does rK!l iiqursd sp9^ 
ra(»gnitiioti 

• figh atxaiacy 

• One-lira snrotmsntitrvericaiandLRiig any sisecp^ 
caJ,*3niaivllpicrf|*onB 

• Speioar identificatnii ailm mutt^ 
accQurtt or tdsnifiBr 

diarrgg or age. impraving to tpily of vocoprints for 
fa^. mxs acoraliB mifKalicin 

• Supports iNfftffistBstirsg to safogiHKlaprS'^XK^ira' 
win recctiled spsech 

• Ghamsl aitl gerxier icimtiil:3t)Dn 

• SfflTBT artMecto sipx)rts high transaction wli^ 

• AreessWevH standard VXML 

• VM:atiGnusfiglBltersLnLfnbers.^|i^^ 
phrasss, shx 

• DyrserNisi^defeclsilriHTOitxm^ 

' tame s^^aiMroM} mid cs^sam^bf 
radjcif^g relianrson Ivg agaits to k^t^ castDrnas 

• Can recto iDsaun-fifCffi of PHr6fflis.ifi!iEin^ 

» CanreiffiBesscui%i]*nfofritafa5aco9ssj9^^ 
pctential for fraud and identily ttBit 

• CanfTiproracaslrmwsaTiikawithac^^ 

• FhBdbiBinBSfBOfvariifofionfo^ 

• Sei^pls nantonarice. load balancHig SBtl faidt 



operating sv^tenns 
. Wrriraws*' Saw 2033 
• Limes 4.0 
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NUANCE :: customer care solutions 




NUANCE 



about Nuance Communications 

Nuance is the leading providef of speech and imapng soUmb for businesses and consumers around tf» world. Its tecfmdopes, 
plications, and semces make the user expenence more compelling by transfwming the way peqjle mteract witti ir(ontiation 
and how they aeate, stwe, and use documaits. Every day, n^lliwis of users and thousands of businesses expenence Muance's 
proven appficaHons and professtonai services. For more ^formation, please visit www.nuar«e.com. 
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Exhibit D 



KIVDXf 

Your voice is the key 



^#ata Sheet 

KIVOX Verifier 



Protect your systems against Identity fraud using AGNITIO's 
voice biometrics technology 



Secure Identity verification 

KIVOX is AGNiTIO •; technology for strong 
speaker authentication solutions. It Is thb'^ 
most reliable and robust voice blometri^ 
engine available in today's marlcet, With 
more than 1 '■> years experience in tlie law 
enforcement settw^d present in 22*» 
countries. 




KIVOX verifies 

user friendly, nlM^^y, using 
day to day devices suidi as a 
and your own voice. 

tt Is designed to l^ntegrated 
variety of ptatforms and apphcatiors KiVOX 
Vurifier will help your organisation improve V 
security, reduce tost arid enhance user \ 
experiertce. Since 



KIVOX verifier is tased on free speech , 
; . technology (t^ftjdependent), so the user 
[ i^an be verifl^B^ing anything in any 

language. This ticbnology is also channel 
'\ independent (Landline, mobile, VOIP). 





KIVOX Verifier tac. t>e ftaslSy integrdted m 
any jpptitdticr. that requireo secure 

speaker verification, 

KIVOX Verifier provitJei text tedepettdent 
voice bioinetiits tethnology. Therefore 
verifications tan be performed tn non- 
collaborattve scenarios, or those that do 
not reauire the speaker to repeat a specific 
text. 

Some examples of KiVOX Verifier 
dpplit-dUons are; 

•Multl-diannel authentication for phoi^e- 

brtnVtOH & tf-bankli>K 
•Piivate banking / Trade floor operations 
•Backgiound identity check 
•AutoitiatiL coriveri.it ion iiidexif g per 
speaker 

•Voite Sfg»iatuie 

•Car^tcrc-iice Cull eniJ-pomt auttienticdtion 

aervite. 
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Example of integration architecture 
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Exhibit E 

Please see next page 
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Loquendo 
VoxNauta Platform 



VoiceXML & CCXML PLATFORM 



Loqruendo VoxNauta platform enables carriers, 
enterprises, service providers and emerging 
technology companies to develop speech- 
enabled applications which follow the Web-based 
architecture enforced by VoiceXML and CCXML 
sandards. 

CCXML makes call control very flexible, while 
VoiceXML is focused on the voice Interaction 
aspect of t/)c application. 
Loquendo VoxNauta can have Loquendo's ASR 
and TTS technologies optionally integrated 
- the most advanced speech technologies on 
the market today with complete support for all 
the relevant standards, and with many highly 
innovative features for an optimal exploitation of 
speech applications. 




A Complete, Adaptable and Scalable Platform 

Loquendo VoxNauta SW platform has been furUier improved lo 
allow efficiency, scalability and ttie best state-of-the-art performance 
for speech application development. The following are just a few 
features: 

• VoxNauta platfomi's modular architecture makes it independent 
from LoquendoASR/TTS engines and language/voice packages, 
allowing the seamless upgrade to new technology releases 
and new languages and voices. 

• Speech technology ports are independent from the number of 
sessions njnning concun-entty on the platform. This allows cost 
savings where ASR and TTS are only partially used, or not 
integrated. 

• VoxNauta is multi-OS: both Windows and Linux operating 
systems are supported. 

• Configuration, administration and management tasks are made 
easier by a simple but powerful Graphic Management Console 



Full Standard Compliance 

Loquendo VoxNauta platform and Loquendo's speech 
technologies fully support ail (he most advanced IETF and 
W3C standards relevant to the voice market; 

Loquendo Voxnauta platform has been certified as 
compliant with W3C VoiceXML 2.0 Recommendation 
by the VoiceXML Forum Platfonn Certification program. In 
additton, all the new features of VoiceXML 2.1 are also 
available. 

• Call Control is programmable by means of CCXML 1.0 
scripts, the new powerful W3C standard complementing 
VoiceXML for call control handling. Simple actions, such 
as call initiation, conditional acceptance of a call, different 
kinds of call transfer, (up to the most complex call control 
features like confa-encing, proactive outbound calls), are 
easily programmed by with this new markup language. 




CCXML 1.0 



VoiceXML 2.1 



MRCPv2 



Standards and ^eech technologies: 

• Loquendo ASR fully supports SRGS 1 .0 (Speech Recognition Grammar Specification), in both the XML and ABNF 
fonnats, for defining speech and DTMF grammars. Moreover, semantic interpretation fully implements the SISR 1 .0 
(Semantic Interpretatton for Speech Recognition) which aitows a standard and powerful fonnatting of ASR results. 

• Loquendo TTS fully implements SSML 1.0 (Speech Synthesis Markup Language) offering standard controls to 
enhance TTS rendering, Uius achieving the best experience for the user Ail the unique features offered by Loquendo 
TTS are also accessible in SSML 

• Uniform ASR and TTS user lexicons are offered to the VUl devetoper, and the standardization of PLS 1.0 
(Pronundation Lexicon Specification) is a primary goal to ensure a fully standards compliant applicafion develofxnent 



LoQuend# 



3357987 



15 



Current Set-up 

Loquendo VoxNauta platform is typically applied in ttie world of telephony, e g in IVRs, speech-enabled self-service applications, 
etc. It Is standards-based, so that even a DTMF based atHJlicalion can be programmed in VoiceXfsdUCCXML, arjd subsequently 
'upgraded" to voice-interaction (everaging optional speech technologies. VoxNauta can be used on both VotP (SW-only SIP/RTP 
implementation) and TDM networks (through VoIP-TDM Gateways or third-party telephwiy cards). 

New scenarios are also emerging which can benefit from the flexibility of VoxNauta platform, such as the delivery of voice and video 
applications (multimedia) for advanced mobile and video telephony applications, as wel as multimodal applications based on 
embedded TTS and DSR. 



CCXML call control 

The W3C's new markup language, 
CCXML (Call Control XML) is used to 
define the call control part of telephony 
appltcations. CCXML is an event-dnven 
markup language which is able to effi- 
cienlly dispatch telephony events and 
launch VoiceXML applications. Its key 
design features of CCXML are its ease 
of use, flexibility, and ability to deal 
with complex applications. 

CCXML Highlights 

• Asynchronous event processing 

• Conditional acceptance or refusal 
of incoming calls 

• Several kinds of call transfer 

• Outbound call initiation 

• Scnpting capabilities (ECMA-327) 

• VoiceXML management 

• Conferencing management 
Flexible Call Control Services 

CCXML applications range from simple ones such as playing 
an announcement on an incoming call or redirecting a call if 
certain conditions are met, to more complex ones such as the 
flexible description of a Conferencing system driven by a web 
application. 

CCXML makes tt possible to send and receive commands 
through an HTTP interface, making it easy to realize new 
interactive call control capabilities. 

Moreover CCXML can handle VoiceXML dialogs for self-service 
applications and transfer a call back and forth to an operator. 
The flexibility of CCXML allows call initiation driven by events 
from an application sen/er. The VoxNauta platform implements 
version 1 .0 of the CCXML draft standard of W3C. 



VoiceXML applications 

VoiceXML is now acknowiedged by an ever-increasing number 
of speech-application developers as a must for all telephony 
platforms, and together with CCXML is a key feature of the 
Loquendo VoxNauta platform. 

VolcsXML 2.1 Extensions 

VoiceXML 2.0 is now widespread and its compliance enforced 
by the VoiceXML Forum Platform Certification program 




VoxNaut 

Architecture 



TTie major VoiceXML 2.1 features are: 

• Audio recording during speech recognition - a 

Aey feature for call logging, data mining and speech 
application tuning. It also allows external speech engines 
to detect innovative features dunng the course of a speech 
interaction. 

• A new <data> element fetches XML data dunng the 
processing of a VoiceXML page. This allows the adaption 
of the VoiceXML dialog strategy according to external 
XML data, without the need to edit the VoiceXML page. 
One very important use is the fetching of a dynamic list of 
prompts that are specific to the speech interaction, e.g. a 
list of movies in a cinema. 

• A <ft>neacfi> element process a dynamic list of prompts. 

• A new type of transfer call, catted "consultation', has been 
added to "blind" and 'bridge" types. It allows a call transfer 
to be attempted and, in the case of no reply or an error, 
returns to the speech application to continue the dialog. 

The VoxNauta platfonn implements ai! the VoiceXML 2 1 features 
to extend the flexibility and power of VoiceXML applications 

Web based applications 

With the adoption of VoiceXML and CCXML. all applications 
and applicafion content can be dynamically fetched from a Web 
server This is also true for SRGS grammars, user lexicons, 
audio prompts and music. It greatly simplifies application 
development and allows a complete, clear separation of the 
application layer from the media and management layer. 
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Innovative Application Scenarios 




I Netwoit Integration CapabiliUes 

Besides conventional network interfaces, 
VoxNauta offers a TCP/IP-t)ased application 
layer protocol interface (DAP). This allows for 
the upgrade of any conventional IVR platform, 
or any other private netwoi1< interfacing equipment 
(e.g. WiFi), with the new and essential features offered 
by VoiceXML 2 0 and 2.1 At ttie same time, it exploits 
optimal Integration with Loquendo speech technologies 
(Loquendo TTS and Loquendo ASR). 

In short, any third party equipment can still leverage its own call 
control mechanism or access techniques, while upgrading to a . 
fully standards compliant VoiceXML platform. 
The Integration, which leverages a simple message-t>ased 
protocol, is straightforward, saves time and outlay for companies 
wishing to exploit a certified VoiceXML browser vnthout having to 
worry about technology integration. 

O&M Integration is also ensured by f he SNMP interface available 
vnth VoxNauta 



Multimedia Capabilities Toward JMS 

The aim of 3GPP (UMTS scenano), to ensure convergence 
of cellular and internet technologies, has led to the 
standardization of the IP Multimedia Subsystem (IMS) 
architecture, in which multimedia applications are hosted 
on a SIP application server, descnbed in CCXML and 
VoiceXML and executed by an MRF (Media Resource 
Function) component. 

Therefore, the essential elements o1 an MRF are the CCXML 
interpreter, the VoiceXML interpreter, the speech server 
for TTS ASR and DTMF management and the video server 
for streaming, video/image presentation and co-decoding. 
Both CCXML and VoiceXML are media agnostic and 
therefore suited both for speech and video application 
development. 

Moreover, with the introduction of a few specific, additional 
VoiceXML elements for video/image presentation and 
push-to-talk options, VoxNauta is at the forefront for this 
new emerging and challenging market opportunity. 



Application Server 





Multimodal CapabiliUeis over Mobile Data Networi(s 

Loquendo VoxNauta platform can also be used as a network 
server in multimodal application development for mobile 
data networks (e.g. GPRS), by exploiting the capabilities 
of DSR (Disfributed Speech Recognition) encoding and 
Loquendo Emtjedded TTS. 

In this context, multimodal applications are activated by a 

thin client on the mobile phone, and described In VoiceXML/ 

CCXML as any other vocal applications. 

Uplink payload for vocal commands is dramatically reduced 

by DSR encoding of the speech front-end parameters, which 

also ensures reduced channel errors' sensitivity. 

Downlink payload is minimized by exploiting the Loquendo 

Embedded TTS capabilities, which can be installed on the 

terminal togemer with the client software 

In this way, developing multimodal services becomes as easy 

as writing VoiceXML appticaUons. 
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Infinite Solutions fcr All IVR and Self-Sendee Af^icaMoTS 

VoxNauta is designed for the development of any kind of IVR and speedi-enabied, self-service 
application, including: 

Information services - to access information on services and products, customer service and 
public Information such as opening hours and office locations; 
• Personal communication services - using a personal/ buaness profile to access a personal 
address book, e-mail by phone, agenda and calendar applications; 

Transactional services like online trading, home banking, travel booking, voice-commerce or 



Loquendo VoxNauta - Technical Specifications 



System Conflfiurations 
OS Supported 


IVR: includes CCXML, VoceXML, OTMF and prerecorded audio 

ASR on^: mcludes CCXhH., VbiceXML, DTMF. and (»erecorded audio 

TTS only: indudes COCML, VoN^CML , DTMF, prerecorded audio and TTS 

Full (Salog advanced WR: fidudes CCXMU VbiceXML. DTMF, ASR, SV, prerecoidedaudio and TTS 




Microsoft Wfindows (Serwr 2003 English Editkm, Server 2008 English Etifon). Red Hat 
Enterprise Linux (4.0, 5.1) 


sr" i ^^'^ ^"^'^^ i — 


Supported Telephone ' NMSAG2000Q00-8LSE (Anatog), NMSAG4000/4t)0-1E{Eu[D-ia)N), IWISAG4040M-1TE 
Cards I (Euro-ISDN), Intel Dialogic DMV600BTEP O^igital). NMS CG6565 (Euro-ISDN) 


1 

i 


Echo Canceitation i Supported by telephone cards 


Nrtwork Signalirng 1 RFC 3261 {Session Initiation Protocol). RFC ffi15 (Ftefer Method), RFC 2327 and 3264 (SW) 
(VoIP: SIP-RTP) i RFC 3891 (Rei^aces Header), fHPC 1889 (RTF), jyPC 3665 (Baac C^ Fkw), RFC 3666 (PSTN 
j Call Ffcw), RFC 2833 (DTOF); RFC 4240 (Netann) 


Speech Related 1 CCXML1.0,VbiceXML2.0,VoiceXML2.1,SRGS1.0p<MLandABNF),SISR1ASSML1.0,DSR 
Standattls i Aianra, HTTP/HTTPS 1.1 


Fife Fetch ' CCXML and \AaceXML documents, as well as SRGS grammars, lexicon and audkj fles are 
i fetched fiom local fle system and over HTTP (vwft cadwig support) andtor HTTPS 


Voice Coding ; G.711 (A-taw and p-law) 


Audio File Formats 1 8 and 16 bit. Mam, p-law and fnear, mono, 8 kHz 


Speech Technologies ; Loquendo ASR, Loquendo SV, Loquendo TTS (via MRCPv2) 


Supported Languages 


ytaericsffi Ensfish, Canaian French, BrazBian Portuguese, Ameriran Spanish, AigeitWat 
Spanish. ChSean Sparish, Mencan Spznish, Brffish En^h, Ca^ilian Spanish, Catalan, 
Vatendan. G^dan, Duteh, French, Geman, Greek, Kalian, Polish, Potti^uese, Swedish.Tiffkish, 
Arabian. Russian, Fiiinisti, Danish and Mandann Chinese 


om 


SNMP and Graphic Centralized Management Console 


System Profiles 


WP (SIP/RTP). TDM network (with NMS card), TDM neSwo* (wiBi Diatogk: card), DAP* (TCP-IP 


■ DAP proiile does not include CCXML interpreter 

For more detailed information see the Loquendo TTS and Loquendo ASR brochures. 

To find out how Loquendo's products can position your company for success, please visit www.loquendo.com. 

© 2009 - Loquendo. AB rights reserved. The Loquendo logo is a ttademark registered by Loquerxto. All olher trademarks beteng to their respective 
The infonnation contained in ftis brochure is subject to modification without nc*ice. 

Loquendo - Vocal Technology and Services _ ■ 
Via Arrigo Olivetti, 6 • 10148 Torino - Italy 1 f\f\t %C^t^itf 
tel. ^39 011 2913111 - fax +39 Oil 2913199 l_.V./Vj| CIV^I IVJV 

www.loquendo.com info@loquendo.com voe»».t«sHiwux>»««>«Rvieo 
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Exhibit F 



L^ve impersonators, 



VocalPassword"6.0 



Reduce fraud with tffitt-dependent sp^ker verification that is secure, 
convenient and cost effective. 

Escalating incidents of identity tlieft, fraud and social engineering 
attacks continue to compromise existing data security measures. 
Traditional single-factor authentication approaches including pass- 
words and challenge questions no longer provide the necessary 
safeguards for secure remote services. Biometric speaker verification 
technology uses the power of voice to provide the critical component 
in an effective multi-factor authentication solution. 



speaker venfici 



text-depefKlent 
tmp^© spoken 



pass phrase. Tc^aily lartguage and act 
independent. VocatPassword provides 
secure, efficient and extremely convei 
rrwthod to verify a speakerls idBntity. 

VocalPaasword is easy to deploy, 
lessly integrating with raiiirting IVR an 
VoicaXML platfoms. Designed exdus 
meet sflrct gk*ai security i 



independent 



Corivenisnt a 



Enhanced cu 



(d enhancing the 

the speaker verification platform of choice by 
and soeurity organizations, as well as 
grators worfdwide. 



Secure confenendng 
Offender monitoring 
Remote time and attendance 



Language and accent independent 
Straighlfcrwatd ctef^oyment 



PerS#" 

Voice Biometrics 
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How It Works 

VocaiPassword interacts with IVRs, Web servers and voice platforms to 
provide secure access to contact centers and private and sensitive 
infomnation. The spea!<er's pass phrase, acquired by the IVRWeb server, 
is transferred to Vocal Password along witti a claimed identity. A verification 
result Is then returned by the system to ttie IVRWteb server confirming the 
speaker's identity. 



EmoHnisnt in VocalPasswotd is carried out by Wjca) Password vsrifiiss Bie sped<er by compar- 
three oonseoulive rendarings of the selecled irtg a single reprtlion of the enrollect pass 
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Exhibit G 




SpeechSecure from SpeechWorks 

Speaker verification technology conveniently enhances caller security 



SpeechWorks' SpeechSecure" uses bior 
verify a caller's identity based on the characteristics of Ns 
or her unique vocal patterns. SpeechSecure provides a 
convenient and extremely tight level of security for callers 
who access personal information over the telephone. From 
financial servi(»sto telephony services, SpeechSecure 
opens the door to a host of commercial i^lications where 
high security and/or high convenience is required. 



Caller convenience: Used in combination with automated 
speech recognition, SpeechSecure recognizes and verifies a 
caller as an ID or accoimt number Is spoken, eliminating 
the need to remember and enter a password. 
Eidianced security: Whai combined with a password, 
SpeechSecure adds another level of security, confinning 
that the right person said the right password. 
Lower costs: Call center sereices such as caller verification 
or PIN reset that pteviously required customer service 
reptesentative interaction (and associated 800-toll costs 
while on hold) can now be offered using automated 



hieing up cu 



er service representatives to focus or 



y. SpeechSecure allows companies to 
maximiie the impact and business reach of their speech 
solution portfolio. 



$peal<er verification occurs in two phases, enrollment 
and verification. 

Enrollment: New callers are prompted to say their 
passwords ttvee times; these recordings are used to 
cteate a reference "speech print". 




Verification: Whenever a person calls and attempts 
to access an account, the caller's speech print is 
compared with the reference speech print for that 
account. A resulting confidence score is compared 
against security thresholds to detemnine whether the 
caller is granted acrass. 
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SpeechSecure Features 

Plug & Play architecture; SpeechSecure can be easily 
Irttegrated into a SpeechWorks* speech application 
(wrsicn 6,5 or later). 

Langiage-independent Allows the caller to sel«t 
any word or phrase - in any language - as a password. 
^ferification options: SpeechS«;ure includes two 
DIalogModules™, both of which provide hi^ accuracy 
and virtually etiminate the possibility that an imposter will 
access a caller's account by imitating the callo-'s voice. 

• The Verification Dialo^odule enrolls and verfies 
a password phrase speech print. 

• The Digits Verification DidogModule include the 
ability to recognize a digit string (e.g., account 
number) and verify the speech print simultaneously. 

Securi^ vs. flexibility: Verification paramet»s can be 
tuned to achieve the desired balance between high 
security (minimizing "False Acceptances" or allowing 
imposters in) and flexibility (minimizing "False 
Rejections" or keeping out legitimate users). 
\feriflcation robustness: SpeechSecure can isolate the 
password from extraneous sounds (e.g., cellular arti- 
facts, clicks, stutters, background noise, etc.), resulting 
in higher accuracy. 

Smarter speech prints: With additional calls and samples 
of the caller saying a passwonl, the speech print can be 
updated to provide a more characteristic model of the 
caller's voice, thereby ensuring that authentic callers 
can access their accounts, while preventing access to 
unauthorized callers. 



Installatiffi and Configuration 

SpeechSecure: SpeechSecure is packaged on a CD as 
a DialogModule which includes the verification engine, 
sample applications, the feature sets database and 
speech print update tool. 

Voice model database: Speech prints are stored in a 
datalMse that is impfemented using Mfcrosofl SQL Server 
7.0. Alternatively, ODBC (open database connettivity) is 
used with SpeechSecure to allow other databa^s to be 
used instead of SQL server. 

SpeechWofks, Partner of Choice 

A global company, SpeechWorks provides products and 
services to leading companies worldwide that want to 
offer superior, cost-effective customer %rvice using 
speech solutions. The partner of choice, SpeechWori(s 
delivers award-winning, cutting-edge technology, and 
is committed to open standards in the development of 
speech services. SpeechWorks offers results-assurance 
programs including the SpeechWorks Here"" Guarantee 
and Madcet Accelerator Program, and ROI accelerator 
solutions such as the SpeKhSpot™. SpeechWorks' pro- 
fessional services group, one of the largest in the world 
for the development of speech applications, is known in 
the industry for its market-proven process and dedica- 



SpeechWorks International, Inc. Tel: tl.617.428.4444 



' I j I 695 Atlantic Avenue Fax: +1.617.12 

ill) Boston, MA 02111 Email: infoig«peechworits.com 

Dert»:1.888.SAY.DEM0 

jPfdClWOrKS www.speechwori<s.com 

e 2000 SpHcWMs IMemationaL Inc. M rtgfiB roiHVKl. SpwdiVMs. OlthnMocU. &XNCie>cuie, ^xediS^ SpMdWoito Hare and tl» SdckMMs log 
imcki Of i^tMKl tradomart! of SpwdiUlMfa htemattoreT Inc. In Uw UratSrstatK jniotlut comHrlB. «ll oUw tndnmarto sn prepurtj of llulf respsalw ( 
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